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ABSTRACT  Starting  out  from  the  angle  of  the  system  as  a 
whole,  analysis  is  carried  out  with  regard  to  various  types  of  fast 
acquisition  methods,  setting  up  simple,  clear,  and  accurate 
mathematical  models.  Application  is  made  of  these  mathematical 
models  to  carry  out  computer  simulation  analyses  of  influences  on 
fast  acquisition  using  pseudo  random  code,  Gaussian  limit  band 
noise,  and  Doppler  frequency  shift.  A  number  of  quantitative  and 
qualitative  conclusions  are  obtained.  In  conjunction  with  this, 
SAW  matching  filters  are  indicated  as  an  optimal  selection. 
Besides  this,  theoretical  analyses  are  also  carried  out  with  regard 
to  RDSS  standard  inbound  signal  pseudo  code  synchronous  patterns. 
In  conjunction  with  this,  one  type  of  possible  acquisition  method 
was  conceived. 

SUBJECT  TERM  RDSS  system  PN  code  acquisition  Mathematical 
model  Matched  filter  Analyzing 


I .  INTRODUCTION 

Dual  satellite  positioning  systems  (RDSS)  are  ones  that  carry 
out  range  finding  through  measuring  transmission  delay  times 
associated  with  inbound  signals  transmitted  by  users.  The 
characteristics  of  inbound  signals  are  as  follows. 

(1)  Direct  sequence  expansion  (pseudo  code  length  2^  -  1) 

(2)  Short  bursts  (length  <  80ms) 

(3)  Low  signal  to  noise  ratios  (S/N  =  -22dB) . 

Systems  require  that  central  stations  will  accomplish  PN  code 
acquisition  of  these  signals  within  0.5ms  periods  of  time.  This 
use  of  conventional  acquisition  methods  (for  example,  sliding 
correlations,  sequenced  search,  sequenced  detection,  sequenced 
estimates,  and  so  on)  is  one  that  cannot  be  realized.  The  methods 

discussed  in  this  article  are  to  place  comparatively  short 

synchronicity  guidance  sequences  (synchronicity  headers)  in  front 
of  long  codes.  Receivers  first  carry  out  fast  acquisition  of  this 
short  code.  After  that,  on  the  basis  of  relative  phase 

relationships  between  short  codes  and  long  codes ,  initial  phases 

are  set  in  long  code  generators.  In  conjunction  with  this, 
tracking  is  initiated  with  regard  to  long  codes.  Because  of  this, 
the  problem  of  fast  acquisition  of  inbound  code  becomes  a  detection 
problem  with  regard  to  synchronicity  header  pseudo  code. 

II.  ACQUISITION  OF  SYNCHRONICITY  HEADER  PSEUDO  CODE 

Fig.l  is  the  synchronicity  header  format  suggested  by  the  RDSS 
international  technology  coordination  committee.  This  type  of 
special  structural  design  will  achieve  requirements  associated  with 
the  five  areas  below. 

(1)  Collision  probabilities  when  multiple  users  arrive  at  the 
same  time  are  as  small  as  possible. 
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same  time  are  as  small  as  possible. 

(2)  User  equipment  (that  is,  user  receivers)  are  simple.  /25 

(3)  Guarantees  of  partial  interrelationships  are  bounded. 

(4)  Guarantees  of  adequately  high  synchronous  acquisition 
probabilities  (under  conditions  of  a  certain  false  alarm 
probability) . 

(5)  There  cannot  be  time  fuzziness. 

These  requirements  above  are  not  mutually  independent  of  each 
other,  but  are  mutually  connected  and  mutually  restraining. 


Fig.l  RDSS  ITCC  Recommended  Synchronicity  Header  Structure  (1) 
Code  Fragment 

As  far  as  carrying  out  in  real  time  acquisition  requirements 
with  regard  to  B  sequences  is  concerned,  the  only  way  to  be  able  to 
realize  it  is  to  have  matched  filters  or  scroll  device  type  real 
time  correlation  components.  Fig. 2  is  one  type  of  possible 
acquisition  design  with  regard  to  Fig.l  synchronicity  header 
structure.  With  respect  to  this  design,  there  are  several  points 
of  explanation  below. 
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Fig. 2  One  Type  of  Possible  Design  for  the  Structure  of  Fig.l 
Synchronicity  Headers 

Key:  (1)  Intermediate  Frequency  (2)  Upper  Change  Frequency  (3) 
Matched  Filter  (4)  Square  Rate  Envelope  Detection  (5)  Operating 
Clock  (6)  Gate  Limit  (7)  Shift  Register  Component  (8) 
Decision  Logic  (9)  Time  Sample  (10)  Demodulation  Unit  1  (11) 
Signal  Input  (12)  Data  Output  (13)  Data  Connections  (14) 
Computer  (15)  Address  Decoder  (16)  Assignment  Unit  (17)  Start 
(18)  Configuration 

(1)  Threshold  values  t)2.  113.  and  TI4  can  be  selected  as  the 
same  or  different  in  order  to  satisfy  requirements  associated  with 
acquisition  probabilities  and  false  alarm  probabilities. 

(2)  Sampling  rates  (operating  clock  frequencies)  should  be  at 
least  2  times  frequency  expansion  code  speeds.  As  a  result,  shift 
register  series  in  the  diagram  are  also  doubled  at  least  once. 
However,  no  matter  what  kind  of  sampling  rate  it  is,  it  is 
necessary  in  all  cases  to  make  shift  register  set  delay  times  and 
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signal  sustainment  times  match  up  with  each  other. 

(3)  Decision  logic  output  indications  designate  a  certain 

free  demodulation  unit  designation  through  pseudo  code  initial 
position  times  as  well  as  through  demodulator  assignment  units. 
The  outputing  of  a  pulse  by  address  decoder  devices  turns  on 
demodulators.  In  conjunction  with  this,  there  is  activation  of 
initial  configuration  delay  lock  rings  set  into  demodulation 
devices --beginning  the  carrying  out  of  demodulation  and  decoding 
associated  with  communications  pseudo  code  tracking  and 
information.  /26 

(4)  As  far  as  the  simultaneous  use  of  four  matched  filters  is 
concerned,  it  is  possible  to  complete  acquisition  of  multiple 
signals  (it  is  only  necessary  that  the  arrival  times  of  these 
signals  be  staggered  2  frequency  expansion  code  units  or  more  and 
it  is  then  possible  to  separately  acquire  them) . 

(5)  Due  to  the  fact  that  there  are  intervals  with  different 
distances  between  them  between  B  sequences  associated  with  each 
synchronizer  (4,  6,  and  2  code  fragments) ,  as  a  result,  it  is  only 
necessary,  at  the  instant  when  the  final  B  sequence  completely 
enters  into  the  fourth  matched  filter,  and,  in  conjunction  with 
that,  there  is  the  appearance  of  a  correlation  peak,  that  four 
decision  logic  inputs  (that  is,  four  sets  of  parallel  shift 
register  outputs)  are  then  all  "I".  At  other  times,  among  the 
four,  at  the  most,  there  is  only  one  that  was  "i"  (single  user 
situation) .  When  there  is  the  simultaneous  appearance  of  2  or  3 
"l"s  created  because  of  the  arrival  of  multiple  user  signals  at  the 
same  time  or  created  due  to  noise  leading  to  false  alarms,  signal 
acquisition  will  not  be  influenced  in  any  case.  Only  when  there  is 
the  simultaneous  appearance  of  4  "l"s  corresponding  to  a 
nonsynchronous  configuration,  that  one  has  the  appearance  of 
erroneous  acquisitions --but  this  type  of  probability  is  very  small. 

(6)  If,  due  to  technological  causes,  there  are  slight  errors 
created  in  the  lengths  of  the  four  matched  filters,  then,  it  is 
possible  to  make  their  operations  normal  through  adjusting  the 
shift  register  series  in  peripheral  circuitry. 

III.  BASE  BAND  MATCHED  FILTER  METHODS 

1.  Basic  Assumptions 

In  the  discussions  that  follow,  the  assumptions  below  are  made 
with  regard  to  signals  and  noise. 

Signal  Channels  Additive  limit  bands  are  Gaussian  signal 
channels.  Band  widths  are  B  =  2Rj,  . 

Reception  signals  r(t)  =  s(t)  +  n(t) 

In  this,  s(i)=\/2sP(t)  cos(.o},t-rU4t  +  <i>)  ,  This  is  a 

sychronicity  head  pseudo  code  signal. 

S 

PO)  =  is  pseudo  code  base  band 

signals  for  the  same  frequencies. 

=  ±1,  n=l,2,...,N  are  pseudo  code  sequences. 
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N=1  024  is  pseudo  code  length. 

1  -Tc<t<0 

Vc{t)  =  { 

0  other  . 

<i)-  is  center  frequency. 

=  1/Rc  pseudo  code  cycles.  Pseudo  code  speeds  - 

fi  M  n  i  t"  /  s  ♦ 

s  is  received  signal  power.  STj,  =  =  unit  bit  energy. 

Information  code  speed  =  15 . 625kbit/s .  =  l/^b* 

(i)jj  is  Doppler  frequency  shift,  <^2nx2xl0 

Frequency  expansion  coefficient  G  =  =  512. 

<t>  random  phase  angle. 

Noise  n(t)  is  a  limit  band  Gaussian  random  process.  Single 
side  power  spectrum  density  is  N^.  Band  width  B  =  2R<-.  n(t)  can 
be  orthogonally  resolved  into  the  sum  of  two  independent  low  pass 
type  Gaussian  processes  n^{t)  and  ng(t),  tnat  is 
n(t)  =  n_(t)cos  Wot-ng (t) sin  u^t 
nQ(t)  and  ng(t)  are  independent  base  band  Gaussian  white 
noise. °  The  power  spectrum  density  value  is  Nq.  /27 

2.  Principles  of  Base  Band  Matcr.ed  Filter  Methods  and 
Equivalent  Mathematical  Models 

This  type  of  method  is  to  take  received  intermediate  frequency 
signals  and  respectively  transform  them  into  two  orthogonal  paths, 
carrying  out  matched  filtering  on  base  bands.  After  this,  the  two 
outputs  are  then  taken  and  square  sum  operations  are  carried  out, 
obtaining  full  statistical  quantities.  Finally,  ^  gate  limit 
decisions  are  carried  out.  The  line  and  block  chart  of  the 
principles  is  as  shown  in  Fig. 3. 

(1)  Multiple  Signal  Models 
Assume  that  received  signals  are 


r(t)  =  i«)  +  n(0 
s(t)  =  v/2iP(0 

oos(.cott  +  o)ti  +  <i>)t 
n(,t)=ncit)cos(.ci)J  +  4i) 

—  n,(0  sin(«.i  +  <5) 
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Fig. 3  Schematic  of  Base  Band  Matched  Filter  Principles 

Key:  (1)  Base  Band  Matched  Filter  (2)  Base  Band  Matched  Filter 
(3)  Square  (4)  Gate  Limit  Equipment  (5)  Code  Phase 
Determination 


influence  is: 


Base  band  matched  filter  impact  excitation 

fv/27^P(r-<)  o<«r 

W)={o 


In  this,  T=NTc=l  024TC. 


h(t)  is  a  similar  low  pass  filter. 

Ignoring  high  frequency  terms,  outputs  after  frequency  alterations 
are  as  follows. 


Xr(0  =  Cs(0  +  'i(03cos  co.t 


,(^)?(Ocos  a.,1  cos«-(!^)P(Osin  sin  * 


X,(t)  =  Cs(t)  +  n(03sin  ci),«  _ 

Si  _^i^^P(Osin  o)it  cos<#i-(^)P(Ocos  to/ 

+  sin 


sin  <}> 
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Yc(t)  =  ^^^^^^P(t)cos  coA  •  h(t)oo8  (oj  •  WOsin  4> 

+  icn.(0  •  *(ODcos  <f>-  icn,(0  •  A(i)Dsin0 
2  ^ 

^  y,(0=  -(^)p(Osin  co,t  •  hU)co3  ^-(i^)p(Ocos  ta.t »  h(t)sm  4> 

-i.Cn.(0  ♦  A(t)Dsin(^-i-Cn,(0  •  hit)')ccs(}> 

2  2 

Simplifying,  one  gets 

7(;)=  IcT (<)+  n  (OD  •  *<0|  * 

In  this, 

7  ( o = ^  ^ 

7(0=  y  n.(.t)-i^n.U) 

Equivalent  multiple  signal  models  are  as  shown  in  Fig. 4. 


Fig. 4  Equivalent  Multiple  Signal  Model  (1)  Gate  Limit  (2) 
Determination 


From  the  Fig. ,  it  can  be  seen  that  random  phase  difference  0 
has  been  eliminated.  This  is  a  type  of  noncoherent  detection 
method.  As  far  as  Doppler  shift  equivalents  in  multiple  signals 
are  concerned,  their  influences  on  performance  are  not  simple, 
precisely  determined  functional  relationships. 

(2)  Pseudo  Code  Matched  Filter  Discrete  Time  Domain  Analysis 
The  influences  of  Doppler  frequency  shifts  remain  in  the 
considerations  that  follow.  First,  let  =  0^. 


7 


2  «•! 

7(0=  ICs(0  +  «(0D  •  ftCOl  * 
=  CX(0  +  n,(0D’  +  n5(0 


The  influences  of  wave  filters  on  signals 


XU)-iit)  •  Hi) 

N  N 


=VfE  i:c.b.\j.CZ-,T 

^  1  k  n«l  1-1 


,)V.U-Z-lT,)dZ 


JN 


=v/£»  <?■' 


In  this. 


Tc 


It  is  a 


triangular  wave  single  pulse  associated  with  a  pulse  width  of  2Tc. 

Yc(±Tc)=0.  Yc(0)=1- 

iT2ot.,b,  k<N  +  l 

-C  -I 

'^*“1  w 

\ 


With  regard  to  situations  associated  with  pseudo  code  matching 
of  filter  pseudo  codes  and  input  signals,  this 

time,  C,^,  when  k=N+l,  takes  a  maximum  value  of  1  024.  In 
conjunction  with  this,  corresponding  correlation  peaks  appear. 

The  influences  of  filters  on  noise  are: 

„,(0=1t,.(0-a(0. 


As  far  as  Gaussian  process  output  n2(t) --after  going  through 
linear  filters--is  concerned,  n2(t)  is  still  a  Gaussian  process. 
The  reason  is  that  n^lt)  and  ns(t)  are  independent.  Therefore, 
ni(t)  and  n2(t)  are  also  independent.  Moreover,  their  statistical 
characteristics  are  completely  the  same.  As  a  result,  analysis  is 
only  done  on  n^it)  and  that  is  all.  From  nc(t)  power  spectrum 
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density  functions,  It  is  easy  to  obtain  the  correlation  functions^ 

Rn<,  ( T )  -2R5N0  [SINC  (2nR^T )  I 

-2RC  frl!,L’eniler’^°ihere*'“is^^;ura? 
i^epeSIencI  between  sampliSg  values,  /his  'or  else 

than  the  convenience  it  brings  to  time  domai  y 

. — 


2  S 

Z,(n)  =  n,(t  =  nT.)  =  j^^^p^ncan-l)T.'}bL^ 


ThP  rpacjon  is  that  n  (nT„)  is  a  mutually  independent  Gaussian 

The  reason  i  mt,»_ofnre  Z  (n)  is  a  mutually  independent 
random  sequence.  Therefore,  7  (n)=n  ft=nTs1 

Gaussian  random  sequence.  By  the  same  reasoning,  Z^ln)  n2(t  s) . 

Moreover,  Zc{n)  and  Zs{n)  are  independent. 

One  then  has  Z,(n)=niit=nT,) 

Z,(n)^Z,(nmiL 

£CZ.(n)D  =  £CZ.(n)D  =  0 

Therefore,  £Cn|(n)D  =  BCn|(n)3=^* 

y(„2’,)  =  [v^^G‘‘  5^  Ctrc(nT,  —  kT,)  +  Z»(n)\  +Z;(n) 

L  imt 

With  regard  to  each  sampling  time,  Y(nTJ  adopted  value 
probabiSty  dlstributlcns-when  =y"=.hrohi/iW 
square  distributions  associated  with  deviation  centers, 
distribution  density  function  is 


?(!/)  = 


l/C2a*Dexp  ( -y/2<7’  +  r)7.C2v/  ry/2a*^ 
,  0 


y>0 


,  .  .r=(v/E»G''Ct)V2Nc  is  signal  to  noise  ratios 
befLe  detectlon-o2=N„.  when  there  is  no  arrival  of  s^chronlcity 
heads,  a  standard  %  square  distribution  is  obeyed.  This 
distribution  density  function  is 


,P(y)  = 


l/2a*exp  (— y/2<7*)  y^O 
0 


Using  these  formulae  to  derive  detection  probabilities  and 
false  alarm  probabilities  will  be  unable  to  obtain  a  closed 
analytical  solution.  Therefore,  we  used  numerical  value  analytical 
methods  on  386  microcomputers  to  carry  out  simulations,  analysis, 
and  criculations  with  regard  to  full  statistics  associated  with 
Y(nTg) .  Fig. 5  gives  sample  sequences  under  various  types  of  signal 
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to  noise  ratios.  Fig. 6  gives  sample  sequences  corresponding  to 
different  pseudo  code  code  types. 


.  ■,; I  ir  #Cit LVj j *.l>« J ^ ^ £1 


1  024r. 


It  I  ■  V'n  anil  IVI  Ik Jtfif  I  II 


1  0247. 


Fig. 5  Sample  Sequences  Under  Various  Types  of  Signal  to  Noise 
Ratios  A=2^'^  -  1  Gold  Code  Partial  Sequence  a- -a 

(.)  £»/Ar. -4.048,  (b)  £»/W.  =5.048,  (c)  E»/A'. -648, 

\i]  Et/N,^Uit  <e)  £*/l^. -7.548,  (f)  £»/N. -8.048, 


LO 


Itf'  _ _ 

Cu.;-;.-Ti ;  ••ar. 


^l!-VrJKi  t  ISit 


1 02iT,  « 


*  (d) 


<0  A-2"-l  CoUyii^ffJlT=.-^.  £»/W..8.0iB,  (b)  ^.2'’-l  CoJd  H0»ff W |5JB«. 

Fig. 6  Sample  Sequences  Corresponding  to  Different  Pseudo  Code  Code 
Types 


Kev:  (1)  Code  Partial  Sequence  (2)  Time  Inversion  (3)  Sequence 


Sequence 


Besides  this,  numerical  value  calculations  by  computer  give 
acquisition  probabilities  for  single  1  !  024  place  B  sequences  as 
shown  in  Fig. 4. 

(3)  Influences  of  Doppler  Frequency  Shifts 

From  equivalent  complex  mathematical  models,  it  is  possible  to 
derive  outputs  under  conditions  where  Doppler  frequency  shifts 
exist 


ts 


XiO  =  ^/E,G-^YlCtrAt~kT») 


In  this. 


C*  = 


I'K-l 

Yla’t.ihi 

i-t 

m  o\-ib, 

S ( • i -w 


k<N+l 

k>N+l 


Moreover,  a',  =a, exp(/n®<r»),  t.— flx+t-* 

As  a  result,  the  effects  of  Doppler  frequency  shifts  are 
approximately  equivalent  to  inputing  pseudo  code  sequences  weighted 
by  exp(-jn©jiTc)  .  Moreover,  there  are  transformations  into  complex 
sequences.  In  this  way,  the  influences  of  Doppler  frequency  shifts 
on  outputs  are  mixed  together  with  noise. 


12 


Fig. 7  Acquisition  Probabilities  Associated  with  Single  1  024  Place 
B  Sequences 

(1)  Influences  of  Doppler  Frequency  Shifts  on  Output  Sampling 
Sequences 


ts  1» 

F(nr,)=  I + 

L  t-1 

iN  *  IJ 

+  [%/£»<?-*  X;S',r.(t-ir.)  +  Z.(n)J 


In  this, 


k^N+l 

D\=\  „ 

gt.tb,  k^N  +  1 

\  I-l-W 

/32 

g,~a,  coB(Tt(i}iT0)f  6g— 

k<N+l 

_  1-1 

g\.ibi  k'^N+l 

N  i-»-w 

g\=a»  taninwiTt)  t*=ajf+i-» 
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The  definition  is  made  that 


c;=v/D»*+s'»* 

Not  considering  cross  modulation  between  signal  and  noise,  it 
is  then  possible  for  it  to  represent  Doppler  frequency  shift 

influences  on  signal  sequences. 

Fig.  8  gives  inaximuin  permissible  2kHz  Doppler  frequency  shift 
influences  on  Cl  .  From  the  Fig.,  it  is  possible  to  see 

pseudo  code  correlation  function  deterioration  created  by  Doppler 
frequency  shifts.  Relative  distances  between  secondary  peaks  and 
main  peaks  are  shortened. 

(2)  Doppler  Frequency  Shift  Influences  on  Main  Correlation 

Paaks 

Only  considering  the  influences  that  signal  correlation  peaks 
themselves  are  subject  to  from  Doppler  frequency  shifts: 

Y(t)=  |[i^^P(t)exp(-;W)  ]  •  ]r 

When  t=T=NTc ,  corresponding  main  correlation  peaks  appear. 

YiT)—  I  2n/P*I 

The  definition  is  made  that  e  (WjjTb)  =SINC^  (2nf(j/Rb) 

Fig. 9  gives  a  relationship  curve  and  data  with  regard  to  main 
correlation  peak  drop  dB  numbers  associated  with  Doppler  frequency 
shift  normalizations  of  information  rate  Rb.  From  the  Fig.,  it  is 
possible  to  see  that,  when  Doppler  frequency  shift  is  (the  maximum 
permissible)  +/-2kHz,  main  correlation  peak  drops  of  0.912dB  are 
equivalent  to  signal  energy  losses  of  0.912dB. 


Fig. 8  Influences  of  Doppler  Frequency  Shifts  on  c\ 
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Fig. 9  fd/Rb--Co  (Main  Correlation  Peak  Value)  Curve 
3  Ways  of  Realizing  Base  Band  Matched  Filters 

band  signals  are: 

»•! 

Assumlns  that  the  Impact  “fon®  wi°th  "time^^lnierseJ 

IJloc^LVek  matchtnp.  That  as. 


/i(0  = 


SiT-t)  0<»<r 


In  this,  T  is  filter  time  length.  T=NTo-l 
Assuming  input  signal  X(t)=S (t)+n(t)  , 

then,  matching  filter  output  is 


024TO. 
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y(i>=X(0  * 


V-.f'-  X(.+Z-NT.>« 


considering  sampling  values 

t=NTo+kTc/M,  in  this ,  K=0 .1.2 ,  ,  .  *  *  *  •  gg^s 

are  M  times  frequency  expansion  code  speeds. 


with  instants 
sampling  rates 


xiNT.^iT./m+Z-NT.HZ 

yc<N+l/»t)T.3=E'’'J 


UW 

(•1 


In  this, 


Xi 


r,X(|)d?  I 


Di  is 
base  chip. 


positive  and  negative 
Its  relationship  with  pseudo  code  a^  i 


with  the  1th 


n=  1  9^ 


(2)  ways  of  Realization  associated  with  base 

Above  we  have  derived  the  d  possible  to  construct 

band  matched  filters.  Because  of  .  analog  plug  delay 

two  types  of  realization  methods  rcD  devices  The  other  type  is 
line  realized  in  -  realized  in  association  with 

digital  transverse  filter  These  two  types  are  both  zero 

digital  shift  register  band)  matched  filter  methods.  When 

intermediate  frequency  -r^rrard  to  svnchronicity  header  pseudo 

they  carry  out  detection  with  regard  to  carried  out. 

code,  orthogonal  break  do^  of  ca  carried  out.  Due  to  the 

Then,  pseudo  code  matched  carrier  wave  information  is 

fact  that  frequency  expansion  signal 

hidden  in  noise,  as  a  resuir,  pa  random  variables  in 

"dfsfrib^u^^onrk 

phase  difference.  ^a_ntaaes  of  null  intermediate  frequency 

As  far  as  the  advantages  possible  to  realize 

matched  filter  methods  ^re  concerned ^  However,  one  of  the 
fully  digital  fast  acc^isitio  ^  ^g  ^gry  large  influences  on 
drawbacks  is  select  optimal  sampling  points,  sampling 

?|«“"be  made  higher  \han  frequency  ekpansion  code  speeds  by 
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one  fold  or  more.  As  a  result,  matched  filter  correlation  lengths 
must  also  increase  by  at  least  one  fold.  Operational  clock 
frequencies  also  increase  at  least  one  fold  correspondingly.  In 
this  way,  such  problems  as  increases  in  matched  filter  series, 
power  consumption  also  increasing,  and  so  on,  are  brought  in. 


IV.  INTERMEDIATE  FREQUENCY  MATCHED  FILTER  METHODS 

Intermediate  frequency  matched  filter  methods  are  the  carrying 
out,  in  intermediate  frequencies,  of  matched  filtering  on  received 
signals.  After  that,  noncoherent  detection  is  then  carried  out. 
The  line  and  block  chart  of  the  principles  is  as  shown  in  Fig.  10. 


Fig. 10  Line  and  Block  Chart  for  Intermediate  Frequency  Matched 
Filter  Method  Principles 

Key:  (1)  Intermediate  Frequency  Matched  Filter  (2)  Square  Rate 

Envelope  Detection  (3)  Code  Phase  Determination 

/34 

1.  Base  Band  Equivalent  Mathematical  Models 
Parameters  are  assumed  to  be  the  same  as  in  III.  Let 

S(J)  =  P(t)COS(a.<  + + 

h(.t)  =  h.{Occs  a.t 

In  this,  h^Ct)  is  the  base  band  equivalent  associated  with  h(t) . 

n(0  =  n»(0oos(6),/  +  ^)  — n,(Osin(ffi,t  +  ^) 

Eliminating  high  frequency  terms  and,  in  conjunction  with  that, 
simplifying. 
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i(0  .  /!(<)=  {l/2C?(Ocos  •  h,it)}cos(o),t  +  <i>) 

-{l/2CP(0sin  .  A.(0}  Ein((i).<  +  0) 
n(0  .  ^(0  =  Cl/2?Jc(0  *  h.(t)jOOS((o.t  +  <i>) 

-Cl/2n,(0  •  k,(l)')sm(.(o.t  +  <t>) 

7(0=  lCl/2P(0exp(-;W)  +  l/2n.(0-l/2n.(r)D  .  ft.COP 
=  iCj(0  +  n(0D  *  /i.(Ol  * 

T(0  =  l/2P(0exp  (-;W) 

n  (0  =  y  ««( 


From  this,  it  is  possible  to  see  that  base  band  equivalent 
complex  signal  models  obtained  are  completely  the  same  as  base  band 
matched  filter  equivalent  forms  derived  in  the  sections  above.  As 
a  result,  the  conclusions  associated  with  the  sections  above  are 
set  up  in  the  same  way  here- -that  is,  theoretically  speaking- - 
intermediate  frequency  matched  filter  performance  is  completely  the 
same  as  base  band  matched  filters. 

2.  Sonic  Apparent  Wave  (SAW)  Devices  Realize  Intermediate 
Matched  Filters 

SAWD  used  in  frequency  expansion  systems  primarily  include  SAW 
plug  delay  lines  and  SAW  scroll  devices.  SAWD  acting  as 
intermediate  frequency  matched  filters  are  one  type  of  most 
important  path  associated  with  fast  pseudo  code  acquisition 
technology  at  the  present  time.  We  have  already  taken  this  type  of 
method  and  applied  it  in  tests.  In  conjunction  with  this,  success 
has  been  achieved. 

In  the  writing  of  this  article,  guidance  has  been  received 
from  Professor  Tong  Kai.  The  authors  express  their  gratitude  for 
this . 
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